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experience the timbre of the binaural audio output to be 
similar to a timbre of the monaural audio output. 
0015. In some audio systems, timbre may be particularly 
relevant. For example, in high quality audio systems, it may 
be preferable that binaural processing does not make any 
discernible change in the timbre of the sound that is expe 
rienced by a user. A change in timbre may be experienced by 
the user as distortion and/or poor quality audio reproduction. 
0016. In some systems, it may be preferable for a user to 
experience accurate timbre reproduction even at the expense 
of decreased accuracy of binaural effects, for example 
decreased localisation. 
0017. The timbre compensation filter may be determined 
independently of physical properties of at least part of the 
audio system. The timbre compensation filter may be deter 
mined independently of physical properties of headphones. 
The timbre compensation filter may be determined indepen 
dently of physical characteristics of a user. Thus, for 
example, physical properties of at least part of the audio 
system and/or physical characteristics of a user may be not 
used as inputs in determining the timbre compensation filter. 
0018. The binaural audio output may occupy a frequency 
range. The artefacts may be present in a Sub-region of the 
frequency range. The Sub-region may comprise audible 
frequencies of the human Voice. The Sub-region may com 
prise frequencies that are relevant to the perceived timbre of 
the human Voice. 
0019. The sub-region of the frequency may be a portion 
of the frequency range that is above a lower portion of the 
frequency range. The artefacts may be not present in the 
lower portion of the frequency range. The artefacts may be 
more severe in the Sub-region than in a portion of the 
frequency range that is lower in frequency than the Sub 
region. The artefacts may be more severe in the Sub-region 
than in a further portion of the frequency range that is higher 
in frequency than the Sub-region. The Sub-region may com 
prise a range of frequencies in which the artefacts are greater 
than are the artefacts in other parts of the frequency range. 
0020. The artefacts may comprise an increase in gain in 
the Sub-region. Reducing the artefacts may comprise reduc 
ing the gain in the Sub-region, such as to at least partially 
compensate for the artefacts. The gain may be substantially 
unchanged by the timbre compensation in at least one region 
of the frequency range that is outside the Sub-region. 
0021. The Sub-region may comprise a range of frequen 
cies from 500 Hz to 10 kHz, optionally from 1 kHz to 6kHz, 
further optionally from 1 kHz to 3 kHz. The sub-region may 
comprise frequencies above 500 Hz, optionally frequencies 
above 1 kHz, further optionally frequencies above 2 kHz, 
further optionally frequencies above 3 kHz. Frequencies 
between 1 kHz and 6 kHz may be important for speech 
intelligibility. 
0022. The Sub-region may comprise a range of frequen 
cies from 80 Hz to 400 Hz. A range from 80 Hz to 400 Hz 
may be important for good low frequency reproduction 
which may be useful for music. 
0023. In professional audio, a range of frequencies 
between 20 Hz to 20 kHz may be of importance. The timbre 
compensation filter may be such that the binaural system 
may change the frequency spectrum between 20 Hz and 20 
kHz as little as possible. 
0024 Applying the compensation filter to reduce arte 
facts may comprise a greater reduction in artefacts in the 
Sub-region than in other parts of the frequency range. 
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0025 Applying the compensation filter may comprise 
applying the compensation filter to the filter coefficients to 
obtain adjusted coefficients for the binaural synthesis filter. 
0026 Applying the compensation filter to the filter coef 
ficients may provide a computationally efficient method of 
reducing artefacts. Applying the compensation filter to the 
filter coefficients may be faster and/or more computationally 
efficient than applying a filter to the binaural audio output. 
0027. The method may further comprise receiving a 
monaural audio input corresponding to at least one audio 
Source, each audio source having an associated position. The 
method may further comprise synthesising binaural audio 
output from the monaural audio input using the binaural 
synthesis filter. The synthesising may be in dependence on 
the position or positions of each audio source. By perform 
ing binaural synthesis in dependence on audio source posi 
tions, a user may experience sound from each of the audio 
Sources as coming from the position of that audio source. 
0028. The synthesising of the binaural audio output may 
use the adjusted filter coefficients. 
(0029. The filter coefficients may be adjusted by the 
timbre compensation filter Such that binaural audio output 
synthesised using the adjusted coefficients has a different 
timbre from binaural audio output synthesised using the 
filter coefficients, thereby reducing the effect of the artefacts. 
0030 The synthesising may be performed in real time. 
The position of each audio Source may change with time. 
The synthesising of the binaural audio output may be 
updated with the changing position of the audio Source or 
SOUCS. 

0031. By performing synthesis in real time, the synthesis 
may respond to changes in the scene. For example, in a 
computer game, a user may experience an effect of moving 
through the scene. The binaural audio output may be syn 
thesised in response to changing positions, for example 
changing positions, optionally relative positions, of the user 
and/or the audio Sources. 
0032. The method may further comprise generating the 
timbre compensation filter from the filter coefficients. Gen 
erating the timbre compensation filter from the filter coef 
ficients may comprise applying a filter defined by the filter 
coefficients to a test audio input to obtain an impulse 
response; obtaining a transfer function by applying a Fourier 
transfer to the impulse response; and generating the timbre 
compensation filter from the transfer function. 
0033 Generating the timbre compensation filter may 
comprise generating coefficients for the timbre compensa 
tion filter. The timbre compensation filter may comprise a 
finite impulse response filter. 
0034 Generating the timbre compensation filter from the 
transfer function may comprise inverting the transfer func 
tion to obtain an inverse transfer function. Generating the 
timbre compensation filter may comprise Smoothing at least 
one of the transfer function, the inverse transfer function, the 
impulse response. Generating the timbre compensation filter 
may comprise obtaining a new impulse response from the 
inverse transfer function. 
0035 Generating the timbre compensation filter may 
further comprise reducing the effect of the timbre compen 
sation filter at low frequencies, optionally wherein the low 
frequencies comprise frequencies below 400 Hz. The timbre 
compensation filter may be altered such that the low fre 
quencies remain Substantially unchanged by the timbre 
compensation filter. The low frequencies may comprise 
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frequencies below 1 kHz, optionally frequencies below 500 
Hz, further optionally frequencies below 300 Hz. Reducing 
the effect of the timbre compensation at low frequencies may 
mean that the original low frequency response of the bin 
aural synthesis filter is retained. 
0036. The timbre compensation filter may correct fre 
quencies below 400 Hz. The binaural synthesis filter may 
result in a boost in low frequencies. Such a boost in low 
frequencies may be corrected by the timbre compensation 
filter. 
0037 Generating the timbre compensation filter may 
comprise generating the timbre compensation filter for each 
of a plurality of Sampling rates. By generating the timbre 
compensation filter for a plurality of Sampling rates, the 
timbre compensation filter may be used in a range of 
different audio systems, even if the different audio systems 
have different sampling rates. In some circumstances, hav 
ing a plurality of sampling rates may make any resampling 
of coefficients of the timbre compensation filter easier, since 
it may be more likely that a resampling will comprise 
resampling to an integer multiple of a sampling rate that has 
already been calculated. 
0038 Generating the timbre compensation filter may 
comprise truncating the timbre compensation filter. Gener 
ating the timbre compensation filter may comprise truncat 
ing the timbre compensation filter to an order no higher than 
an order of the binaural synthesis filter. 
0039. The binaural synthesis filter may comprise a first 
number of taps. The binaural synthesis filter may comprise 
32 taps. The binaural synthesis filter may comprise between 
20 and 40 taps. 
0040. The timbre compensation filter may comprise a 
second number of taps. The second number of taps may be 
fewer than or equal to the first number of taps. The second 
number of taps may be fewer than the first number of taps. 
The timbre compensation filter for a first sampling rate may 
have a different number of taps than the timbre compensa 
tion filter for a second sampling rate. A timbre compensation 
filter for a first sampling rate may have 27 taps and a timbre 
compensation filter for a second sampling rate may have 31 
taps. 
0041. By providing a timbre compensation filter having 
fewer taps than the binaural synthesis filter, the application 
of the timbre compensation filter to the binaural synthesis 
filter may be performed in a way that is computationally 
efficient. 
0042 Adjusted coefficients obtained by applying the tim 
bre compensation filter to the binaural synthesis filter may 
have a number of taps that is the same as the number of taps 
of the binaural synthesis filter. Computations performed 
using the adjusted coefficients may require no more com 
putational resources than computations performed using the 
filter coefficients. Computations performed using the 
adjusted coefficients may be as fast as computations per 
formed using the filter coefficients. 
0043. The test audio input may comprise an audio input 
having a known frequency profile. The generating of the 
timbre compensation filter may be in dependence on a 
difference between a frequency profile of the binaural audio 
output and the known frequency profile of the test audio 
input. 
0044) The test audio input may comprise white noise. The 

test audio input may have a frequency profile that is flat with 
frequency for at least a portion of the frequency range. The 
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generating of the timbre compensation may comprise deter 
mining a difference between a frequency profile of the 
binaural output and a flat frequency profile for at least a 
portion of the frequency range. 
0045. The binaural synthesis filter may comprise a pinna 
model filter. Synthesising the binaural audio output may 
comprise applying the pinna model filter, applying an inter 
aural time delay; and applying a head shadow filter. 
0046. The method may comprise determining values for 
the interaural time delay using the equation: 

C t 
-- : cos(8): cos(d), Os 6 g C 2 

T(0, d) = t t 
(10- 3)s cos(t), 5 s est - : 

C 

0047 wherein T(0, (p) is the interaural time delay, a is an 
average head size, c is the speed of Sound, 0 is azimuth angle 
in radians and p is elevation angle in radians. 
0048. The method may comprise determining values for 
the head shadow filter using the equation: 

Ho, 0) = 1 + -it,0s a s2 
f(t) 

1 + (i. 

0049 wherein H(c), 0) is a head shadow filter value, 0 is 
azimuth angle in degrees, () is radian frequency, a is an 
average head size, c is the speed of sound, (Doc/a, and 

t 

o(0) = 1.05 + 0.95% cos(0s ISO) 

0050. Obtaining filter coefficients may comprise obtain 
ing filter coefficients for each of a plurality of angular 
positions. Each angular position may comprise an azimuth 
angle and an elevation angle. Applying the timbre compen 
sation filter may comprise, for each angular position, apply 
ing the timbre compensation filter to the filter coefficients for 
that angular position to obtain adjusted filter coefficients for 
that angular position. Filter coefficients for the plurality of 
angular positions may be stored in a look up table. By 
storing the filter coefficients in a look up table, the filter 
coefficients may be quickly accessed in a real time process. 
0051. The filter coefficients may be obtained as part of an 
initialisation process. 
0052. In a further aspect of the invention, which may be 
provided independently, there is provided a method com 
prising obtaining filter coefficients for a binaural synthesis 
filter, and generating a compensation filter from the filter 
coefficients, wherein the compensation filter is configured to 
reduce artefacts resulting from the binaural synthesis filter. 
The compensation filter may comprise a timbre compensa 
tion filter. The filter coefficients and compensation filter may 
be configured to be applied to a monaural audio input to 
obtain binaural audio output. 
0053. The compensation filter may be generated from 
filter coefficients for a single angular position. The gener 
ating of the compensation filter may be performed offline. 
0054. In a further aspect of the invention, which may be 
provided independently, there is provided a method com 
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prising receiving a monaural audio signal corresponding to 
at least one audio source, each audio source having an 
associated position; and synthesising binaural audio output 
from the monaural audio signal using a binaural synthesis 
filter, wherein the synthesising is in dependence on the 
position or positions of each audio Source. The binaural 
synthesis filter may use filter coefficients that have been 
adjusted using a compensation filter to reduce artefacts 
resulting from the binaural synthesis filter. The compensa 
tion filter may comprise a timbre compensation filter. 
0055. The synthesising of the binaural audio output may 
be performed in real time. 
0056. In a further aspect of the invention, which may be 
provided independently, there is provided an apparatus com 
prising: means for obtaining filter coefficients for a binaural 
synthesis filter, and means for applying a timbre compen 
sation filter to reduce artefacts resulting from the binaural 
synthesis filter; wherein the filter coefficients and timbre 
compensation filter are configured to be applied to a mon 
aural audio input to obtain binaural audio output. 
0057. In a further aspect of the invention, which may be 
provided independently, there is provided an apparatus com 
prising a processor configured to: obtain filter coefficients 
for a binaural synthesis filter; and apply a timbre compen 
sation filter to reduce artefacts resulting from the binaural 
synthesis filter; wherein the filter coefficients and timbre 
compensation filter are configured to be applied to a mon 
aural audio input to obtain binaural audio output. 
0058. In another aspect of the invention, which may be 
provided independently, there is provided a method com 
prising obtaining a monaural audio input representative of 
an audio Source, selecting at least two binaural synthesis 
models, obtaining a respective binaural audio output for 
each of the binaural synthesis models by applying coeffi 
cients of each binaural synthesis model to the monaural 
audio input, and obtaining a combined binaural audio output 
by combining the respective binaural audio outputs from 
each of the at least two models. 
0059. In a further aspect of the invention, which may be 
provided independently, there is provided a method com 
prising: obtaining a monaural audio input representative of 
audio input from a plurality of audio sources; for each audio 
Source, selecting at least one binaural synthesis model from 
a plurality of binaural synthesis models and applying the at 
least one binaural synthesis model to audio input from that 
audio source to obtain at least one binaural audio output; and 
obtaining a combined binaural audio output by combining 
binaural audio outputs from each of the plurality of binaural 
synthesis models. 
0060. The plurality of binaural synthesis models may 
comprise at least one of an HRIR binaural synthesis model, 
a structural model, and a virtual speakers model. 
0061. A first (for example, higher-quality) binaural syn 
thesis model may be selected for a first (for example, 
higher-priority) audio source. A second (for example, lower 
quality) binaural synthesis model may be selected for a 
second (for example, lower-priority) audio source. A first 
more computationally intensive binaural synthesis model 
may be selected for a first higher-priority audio source. A 
second (for example, less computationally intensive) binau 
ral synthesis model may be selected for a second (for 
example, lower-priority) audio source. 
0062 By providing different binaural synthesis models, 
different trade-offs may be made in computation. For 
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example, a high-quality, computationally intensive binaural 
synthesis method may always be selected for a very impor 
tant audio source. For some other audio sources, a high 
quality, computationally intensive binaural synthesis 
method may be used only when the audio Source is close to 
the position with respect to which the binaural synthesis is 
performed. When the audio source is further away, a lower 
quality and less computationally intensive method of bin 
aural synthesis may be used. 
0063. Selecting binaural synthesis methods may result in 
improved or more efficient use being made of the available 
resources. Where computational resources are not able to 
synthesise all audio Sources at the highest possible quality, 
it is possible to select which audio sources use the highest 
quality binaural synthesis, while performing a lower-quality 
binaural synthesis for the other audio sources. The user may 
not notice that a lower-quality binaural synthesis may be 
used on, for example, Sounds that are fainter, farther away, 
or less interesting to the user. 
0064. The selecting of the binaural synthesis models may 
be dependent on a distance, or other property, of each audio 
Source from a position, for example with respect to which 
the binaural synthesis is performed. 
0065 For an audio source of the plurality of audio 
Sources, selecting at least one binaural synthesis model for 
the audio Source may comprise selecting a first binaural 
synthesis model and a second, different binaural synthesis 
model. The combined audio output may comprise a first 
proportion of an audio output for the audio source from the 
first binaural synthesis model and a second proportion of an 
audio output for the audio source from the second binaural 
synthesis model. 
0066. The position of the audio source may change over 
time, and the first proportion and second proportion may 
change with time in accordance with the changing position 
of the audio source. 

0067. In some circumstances, the position of an audio 
Source may change such that it is desirable to change the 
binaural synthesis model that is used to synthesise that audio 
Source. For example, a source may move from being nearer 
(in which a case higher-quality synthesis model is selected) 
to being further away (in which case a lower-quality Syn 
thesis method is selected). However, if a change between 
synthesis methods were performed very quickly (for 
example, between one frame and the next), the change may 
be perceptible to the user. By using two synthesis methods 
at once, the output of one may be faded down and the output 
of the other faded up, so that the change in synthesis method 
is not perceptible to the user. 
0068. Each of the plurality of binaural synthesis models 
may comprise a respective timbre compensation filter. The 
timbre compensation filters may being configured to match 
timbre between the binaural synthesis models. 
0069. The binaural synthesis models are selected in 
dependence on at least one of: a CPU frequency, a compu 
tational resource limit, a computational resource parameter, 
a quality requirement. 
0070 The binaural synthesis models may be selected in 
dependence on a priority of each audio Source, a distance 
associated with each audio source, a quality requirement of 
each audio Source, an amplitude of each audio source. 
0071. In another aspect of the invention, which may be 
provided independently, there is provided an apparatus com 
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filters, and left and right head shadow filters to produce 
binaural audio output. The binaural audio output is Supplied 
to headphones 16a, 16b. 
0093 FIG. 2 is a flow chart showing in overview a 
method for determining timbre filter coefficients from initial 
pinna FIR coefficients. The timbre filter coefficients may be 
generated in Such a way that a timbre filter using those 
coefficients may at least partially compensate for artefacts 
resulting from the initial pinna FIR coefficients. 
0094. At stage 30, initial pinna FIR coefficients are 
calculated offline by the processor 18. The initial pinna FIR 
coefficients are calculated from six pinna events in similar 
fashion to that described, for example, in Section IV-B of 
Brown, C. Phillip and Duda, Richard O. A structural model 
for binaural sound synthesis’, IEEE Transactions on Speech 
and Audio Processing, Vol. 6, No. 5, September 1998, which 
is incorporated by reference herein in its entirety. In the 
present embodiment, the initial pinna FIR coefficients are 
calculated for each ear and for each of a plurality of angular 
positions. In the present embodiment, the method of calcu 
lating initial pinna FIR coefficients comprises resampling 
values based on the system sample rate. In other embodi 
ments, any suitable method of calculating initial pinna FIR 
coefficients may be used. 
0095 Angular positions are described using a (r. 6), (p) 
coordinate system. An interaural axis connects the ears of a 
notional listener. The origin of the (r, 0, (p) coordinate system 
is on the interaural axis, equidistant from the left ear and the 
right ear. r is the distance from the origin. The elevation 
coordinate, (p. is Zero at a position directly in front of the 
listener and increases with height. The azimuth coordinate, 
(p, is Zero at a position directly in front of the listener. The 
azimuth p increases with angle to the listener's right and 
becomes more negative with angle to the listener's left. In 
the present embodiment, the initial pinna FIR coefficients 
are calculated at every 5 in azimuth and in elevation at stage 
30. In other embodiments, initial pinna FIR coefficients are 
calculated only for one angular position, for example at 
(0–0, (p=0) at stage 30 and initial pinna FIR coefficients for 
further angular positions are calculated at stage 60 of the 
process of FIG. 5. 
0096. A reflection coefficient and a time delay are asso 
ciated with each of the six pinna events. p., is the reflection 
coefficient for the nth pinna event, and t, is the time delay 
for the nth pinna event. The reflection coefficients p, are 
assigned constant values as shown in Table 1 below. Equa 
tion 1 is used to determine the time delays t, which vary 
with azimuth and elevation. 

tpi (6, (i) = A cos(sin D.90 - (i) + B. (Equation 1) 
–90" ses 90°, -90's dis 90" 

0097 where A is an amplitude, B, is an offset, and D, is 
a scaling factor. 
0098. The coefficients for the left ear for an azimuth angle 
0 are the same as those for the right ear for an azimuth angle 
-0. Equation 1 is given in a general form. For the left ear, 
the coefficients are calculated with 0 and for the right ear 
with -0. 
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0099. In the present embodiment the values of D, are 
constant and do not change for different users. In other 
embodiments, different values of D may be used for dif 
ferent users. 

0100. In the present embodiment, the coefficient values 
used are those given in Table 1 below. Table 1 gives 
coefficients for 5 of the 6 pinna events. The 6' pinna event 
(n=1) is an unaltered version of the input. In other embodi 
ments, different coefficient values may be used. A different 
number of pinna events or different pinna model may be 
used. Equation 1 above assumes a sampling rate of 44100 
Hz. Other equations may be used for different sampling 
rates. 

TABLE 1. 

l Pe. A, B, D, 

2 O.S 1 2 1 
3 -1 5 4 O.S 
4 O.S 5 7 O.S 
5 -O.25 5 11 O.S 
6 O.25 5 13 O.S 

0101 The calculation of the initial pinna FIR coefficients 
is performed at a sampling rate of 44100 Hz. The time delays 
calculated may not coincide exactly with sample times. The 
processor 18 uses linear interpolation to split the amplitudes 
p, between adjacent sample points. The resulting pinna FIR 
filter is a 32 tap filter. In other embodiments, a pinna FIR 
filter having a different number of taps may be used. 
0102 The initial pinna FIR coefficient generation process 
of stage 30 produces a set of FIR coefficients to model the 
pinna. It has been found that pinna FIR filters derived using 
the method of stage 30 may change the timbre of an audio 
input when applied to that audio input. 
0103) The timbre of a sound may comprise a property or 
properties of the Sound that is experienced by the user as 
imparting a particular tone or colour to the Sound. In some 
circumstances, the timbre of a sound may indicate to a user 
which musical instrument or instruments produced that 
sound. For example, the timbre of a note produced by a 
violin may be different from the timbre of the same note 
produced by a trumpet. The timbre may comprise properties 
of the frequency spectrum of a sound, for example the 
harmonics within the Sound. The timbre may comprise 
amplitude properties. The timbre may comprise a profile of 
the Sound over time, for example properties of the attack or 
fading of a particular note. 
0104. It has been found in some known systems that a 
user listening to a monaural audio signal, and then to a 
binaural output signal that has been obtained from the 
monaural audio signal, is likely to experience the binaural 
audio output as having a different timbre from the monaural 
audio signal. 
0105. In many applications, it may be preferable for the 
timbre of a binaural sound to be perceived as similar to the 
timbre of the monaural sound from which the binaural sound 
was processed. For example, it may be more important that 
the user perceives the Sound as having the expected timbre 
than that user perceives the Sound as issuing from its precise 
position. In the method described below, a timbre compen 
sation filter is used to make the binaural Sound more similar 
to the original monaural Sound, while retaining at least part 
of the effects of binaural processing. 
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0106 The timbre of an audio input may relate to the 
frequency spectrum of that audio input. It has been found 
that if the initial pinna FIR coefficients of stage 30 are used 
for binaural synthesis without being modified, the resulting 
binaural Sound output may exhibit a change in timbre that 
comprises a change in frequency spectrum. The change in 
timbre may be described as an unnatural boost to the high 
frequencies. Amplitudes at certain frequency ranges may be 
increased such that the timbre of sound to which a pinna 
filter using the initial pinna FIR coefficients has been applied 
is different to the timbre of the monaural audio input. 
0107 The human ear may be particularly sensitive to 
sounds in the range of 1 kHz to 6 kHz. Sounds in the range 
of 1 kHz to 6 kHz may be important in the human voice. It 
has been found that the initial pinna FIR coefficients of stage 
80 may cause an increase in amplitude within the range of 
1 kHz to 6 kHz. The increase in amplitude may be at a level 
that is perceptible by a user. For example, a user may not be 
aware of a 1 or 2 dB difference in amplitude, but may be 
aware of a greater difference in amplitude. If the increase in 
amplitude were not compensated for, a user may experience 
the binaural sound output of being of poor quality. Artefacts 
associated with the initial pinna FIR coefficients may cause 
the user to experience the binaural Sound quality as being 
distorted. 

0108. In other embodiments, the use of unmodified bin 
aural synthesis filter coefficients may cause artefacts in a 
binaural audio output that may comprise changes in timbre, 
changes in amplitude, changes in frequency, changes in 
delay, changes in quality (for example, changes in noise 
level or signal to noise) or changes in any other relevant 
parameter. The binaural synthesis coefficients may be any 
coefficients of any binaural synthesis model. 
0109. At stages 32 to 48 of the process of FIG. 2, initial 
pinna FIR coefficients for (0–0, (p=0) are used to determine 
coefficients for a timbre compensation filter using an offline 
analysis. In other embodiments, respective timbre filter 
coefficients may be determined for each of a plurality of 
angular positions. Timbre filter coefficients may be gener 
ated using any appropriate method. Although in the present 
embodiment initial pinna FIR coefficients are used to deter 
mine coefficients for a timbre compensation filter, in other 
embodiments, any coefficients of a binaural synthesis model 
may be used to determine coefficients for a timbre compen 
sation filter. 

0110. In the present embodiment, the timbre compensa 
tion filter is monaural, because at (0=0, (p=0) the initial pinna 
FIR coefficients are the same for the left ear as for the right 
ear. In other embodiments, a timbre compensation filter may 
be generated for each ear. The timbre compensation filter for 
the left ear may be different from the timbre compensation 
filter for the right ear. 
0111. In the present embodiment, timbre filter coefficients 
are calculated at two sampling rates. The first sampling rate 
is 44100 Hz, and the second sampling rate is 48000 Hz. In 
other embodiments, different sampling rates may be used. 
Timbre filter coefficients may be calculated for any number 
of sampling rates. 
0112 The flow chart of FIG. 2 shows corresponding 
stages (32a and 32b, 34a and 34b, 36a and 36b etc.) for each 
of the sampling rates. Stages for the first sampling rate (32a, 
34a, 36a etc.) are described below in detail. The description 
of stages for the first sampling rate also applies to the stages 
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for the second sampling rate (32b, 34b, 36b etc.) if the 
sampling rate referred to is changed accordingly. 
0113. At stage 32a, the initial pinna FIR coefficients 
obtained at stage 30 for angular position (0–0, (p=0) are 
resampled if required. In the present embodiment, the initial 
pinna FIR coefficients are calculated at a sampling rate of 
44100 Hz, which is the same as the first sampling rate. 
Therefore at stage 32a of the present embodiment, no 
resampling is performed. 
0114. At stage 34a, the processor 18 determines an 
impulse response, h(n), for the pinna filter using the initial 
pinna FIR coefficients for (0–0, (p=0). In represents sample 
number (which may be described as a discretized measure of 
time). The processor determines the impulse response by 
inputting white noise into the pinna filter and plotting the 
output of the pinna filter. 
0115 The impulse response is found in order to correct 
for the boost to the high frequencies caused by the pinna 
model. White noise is used because it has constant amplitude 
with frequency. Any frequency effects seen in the impulse 
response may be due to the pinna FIR filter and not an effect 
of the input, since the white noise input does not vary with 
frequency. In other embodiments, any suitable method of 
obtaining the impulse response h(n) may be used. 
0116. At stage 36a, a frequency domain transfer function, 
H(c)), is determined from the impulse response, h(n). () is 
angular frequency in radians per second, (D-2tf, where f is 
frequency. The frequency domain transfer function, H(c)), is 
found by application of a Fourier transform to the impulse 
response, h(n). In the present embodiment, a fast Fourier 
transform (FFT) is used. 
0117 FIG. 3 is a plot of the frequency domain transfer 
function H(co). The horizontal axis of the FIG.3 is frequency 
fin Hz. The vertical axis of FIG. 3 is gain in dBFS. The input 
signal level is 0 dBFS. 
0118 Line 50 of FIG. 3 is an averaged and smoothed 
version of the frequency domain transfer function H(c)). The 
averaged and Smoothed response is calculated using a piece 
wise linear approximation algorithm. The linear piecewise 
approximation results in a continuous piecewise linear func 
tion which is defined on a set of points in the functions 
domain which are not necessarily regularly spaced. The 
points on which the function is defined may be irregularly 
spaced in order to minimise the number of line segments 
whilst maintaining an effective approximation. In other 
embodiments, any method of averaging and/or smoothing 
may be used. 
0119). If the pinna FIR filter did not change the frequency 
response of the audio input, line 50 would be expected to be 
flat with frequency. It may be seen that in FIG. 3, line 50 is 
fairly flat with frequency in the 0 Hz to 1000 HZ range. 
However, in FIG. 3, the transfer function H(co) displays a 
clear boost in the high frequencies. Line 50 increases with 
frequency between 1000 Hz, and 6000 Hz, and then decreases 
at higher frequencies. In this example, gain increases from 
around 13 dBFS at low frequencies (for example, up to 
about 500 kHz) to around 20 dBFS at around 4 kHz. 
I0120 Frequencies between 1000 Hz and 6000 Hz may be 
particularly relevant to the reproduction of the human voice, 
for example for speech intelligibility. FIG. 3 illustrates the 
presence of artefacts in the output of the pinna filter as 
described above. The artefacts affect the timbre of the 
output. The artefacts comprise an increase in gain in a 
Sub-region of the frequency range, the Sub-region compris 
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ing frequencies from 1000 Hz to 6000 Hz. In other embodi 
ments, artefacts may be present in a different frequency 
range. Different artefacts may occur. 
0121. In some embodiments, artefacts may be present in 
the 80 Hz to 400 Hz range, which may be important for good 
low frequency reproduction, for example in music. 
0122. In the present embodiment, the frequency response 
of the pinna FIR filter is measured using white noise fed 
through the pinna FIR filter and plotted on a graph using 
FFT analysis. In alternative embodiments, alternative meth 
ods for determining the frequency response are used. In 
Some embodiments, the frequency response is determined 
mathematically. 
0123. In the present embodiment, white noise is used to 
approximate real world situations. In other embodiments, a 
different sound input may be used in determining the fre 
quency response. 
0.124. At stage 38a, the processor 18 defines a transfer 
function for a corrective filter by determining the inverse of 
the frequency domain transfer function H(CO). The transfer 
function for the corrective filter is W(co), where W(c))=1/H 
(CD). The inverse may be determined automatically, in 
response to user input, or by a combination of user input and 
automatic steps. The user of the process of FIG. 2 may be, 
for example, a Sound designer. In some embodiments, a user 
of the process of FIG. 2 may determine parameters of the 
inverse function by ear. 
0.125. At stage 40a, the processor 18 smooths the transfer 
function H(CO) using a piecewise linear approximation algo 
rithm as described above. The smoothing may be performed 
automatically, in response to user input, or by a combination 
of user input and automatic steps. The transfer function is 
Smoothed to only affect major peaks and troughs. If a highly 
accurate inverse function were used, a resulting timbre 
compensation filter may negate the effects of binaural pro 
cessing. If a highly accurate inverse function were used, a 
resulting timbre compensation filter may return a signal 
similar to the original monaural audio input, as if the 
binaural processing had not been performed. 
0126 An inverse transfer function W(()) is obtained by 
inverting the smoothed version of the transfer function 
H(c)). 
0127. At stage 42a, W(co) is edited to ensure that fre 
quencies below 400 HZ remain substantially unchanged. In 
the present embodiment, the processor 18 edits W(()) in 
response to user input. In some embodiments, a user may 
edit W(CO) by ear. In other embodiments, the processor 18 
may edit W(CO) automatically or by using a combination of 
user input and automatic steps. 
0128. Any corrections for low frequencies (below 400 
HZ) that are present in W(co) are reduced to maintain the low 
frequency response of the original pinna filter. W(()) is 
altered such that a filter based on W(CO) will have substan 
tially no effect on the binaural audio output in the frequency 
region below 400 Hz. Frequencies below 400 Hz may be 
important to a listener's perception of Sound quality and/or 
Sound localization. 

0129. In other embodiments, artefacts may occur in a low 
frequency range, for example in the 80 Hz to 400 HZ range. 
The timbre compensation filter may be required to correct 
artefacts below 400 Hz. In some cases, stage 42a may be 
omitted. 

0130 FIG. 4 is a plot of the transfer function H(c)) 
overlaid with an inverse function which is represented by 
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line 52. The inverse function is obtained from the smoothed 
version of the transfer function. 
I0131. In some embodiments, the transfer function H(co) is 
smoothed and the inverse transfer function W(()) is obtained 
from the smoothed version of H(c)). In some embodiments, 
the inverse transfer function W(co) itself is smoothed. In 
Some embodiments, the impulse function h(n) is Smoothed. 
Smoothing may be performed before or after inverting. In 
Some embodiments, other operations may be performed on 
the transfer function, inverse transfer function and/or 
impulse function in addition to or instead of Smoothing. 
0.132. At stage 44a, the processor 18 derives linear phase 
FIR filter coefficients for a timbre compensation filter from 
the inverse transfer function W(co). The processor 18 obtains 
a new impulse response from W(co). The new impulse 
response obtained from the FIR is linear phase. Linear phase 
helps compensate for group delays caused by the filter at a 
later point. 
I0133. At stage 46a, the processor 18 truncates the linear 
phase FIR filter coefficients that were obtained at stage 44a. 
In the present embodiment, the linear phase filter coefficients 
are truncated using a Blackman window. The linear phase 
filter coefficients are truncated to 27 taps. The truncated 
linear phase coefficient are coefficients for a timbre com 
pensation filter, and may be referred to as timbre filter 
coefficients. 

I0134. The linear phase filter coefficients for the timbre 
compensation filter are truncated to maintain efficiency of 
the final system as is described below with reference to 
FIGS. 5 and 6. By using a low-order timbre compensation 
filter, initialisation and real-time synthesis may be per 
formed efficiently. Initialisation and real-time synthesis may 
be performed using lower computational resources than 
would have been the case if a higher-order filter were used. 
I0135) In this particular case, the pinna FIR filter has 32 
taps. The number of taps of the timbre compensation filter 
(in this case, 27 taps) is less than the number of taps of the 
pinna FIR filter. When the timbre compensation filter is 
applied to the pinna FIR filter, the resulting pinna FIR filter 
does not have an increased number of taps. Using the pinna 
FIR filter to which the timbre compensation filter has been 
applied does not require greater computational resources 
than using the original pinna FIR filter. 
0.136 Stages 32b to 46b performed for the second sam 
pling rate (48000 Hz) are similar to stages 32a to 46a 
performed for the first sampling rate (44100 Hz). At stage 
32b, the initial pinna coefficients are resampled to 48000 Hz. 
At stage 34b, white noise is fed through the resampled initial 
pinna filter to obtain an impulse response, has (n). At stage 
36b, a FFT is used to obtain a frequency domain transfer 
function Has (()). At stage 38a, the frequency domain trans 
fer function Has (()) is inverted, Was (())=1/Has (()). At 
stage 40b, the transfer function Has (co) is smoothed so that 
it only affects major peaks and troughs and a new inverse 
transfer function Was (co) is obtained. At stage 42b, Was (co) 
is altered such that it has reduced effect on frequencies 
below 400 Hz. At stage 44b, linear phase FIR coefficients are 
obtained from Was (()) by obtaining a new impulse func 
tion. At stage 46b, the linear phase FIR coefficients are 
truncated to 31 taps using a Blackman window. The output 
of stage 46b is a set of timbre filter coefficients for a 31-tap 
timbre compensation filter with a sampling rate of 48000 Hz. 
0.137 The number of taps for the timbre compensation 
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Applying the timbre compensation filter to the pinna FIR 
filter does not increase the computational resources required 
to use the resulting pinna FIR filter. 
0.138. At stage 48, the processor 18 stores the timbre filter 
coefficients from stages 46a and 46b in the memory 20. 
Coefficients are therefore stored for both the 44.1 kHz 
version and the 48 kHz version. 
0.139. Although in the present embodiment, timbre filter 
coefficients are calculated for 44.1 kHz and 48 kHZsampling 
rates, in other embodiments timbre filter coefficients may be 
any sampling rates. Timbre filter coefficients may be calcu 
lated for any number of sampling rates. 
0140 Although a particular order of stages is shown in 
FIG. 2, in other embodiments the stages of FIG. 2 may be 
performed in any appropriate order. Stages may be omitted 
or additional stages may be added. Stages 32a to 46a may 
be performed simultaneously with stages 32b to 46b, or 
before or after stages 32b to 46b. 
0141. A timbre compensation filter using the timbre filter 
coefficients stored in stage 48 may be used to reduce 
artefacts caused by the pinna FIR filter. In this particular 
example, the artefacts comprise an increase in gain in a 
Sub-region of the frequency range that is important for 
perception of the human Voice (in this case, a Sub-range of 
1 kHz to 6 kHz). The timbre compensation filter may 
perform an equalization. The timbre compensation filter 
may improve the quality of output audio when compared 
with output audio generated without use of the timbre 
compensation filter. 
0142. In the present embodiment, the timbre compensa 
tion filter is low order (27 or 31 taps). The order of the timbre 
compensation filter is less than or equal to an order of the 
pinna FIR filter. Therefore, in Some circumstances using 
pinna FIR coefficients to which the timbre compensation 
filter has been applied may not require increased computa 
tional resources when compared with using pinna FIR 
coefficients without the timbre compensation filter. 
0143. In the present embodiment, timbre filter coeffi 
cients are generated from coefficients for a pinna FIR filter. 
In other embodiments, timbre filter coefficients may be 
generated for any coefficients of a structural model. In 
further embodiments, timbre filter coefficients may be gen 
erated for coefficients of any binaural synthesis model. Any 
Suitable method of generating a timbre compensation filter 
may be used. 
014.4 FIG. 5 is a flow chart showing in overview a 
method for determining adjusted pinna FIR coefficients from 
initial pinna FIR coefficients using the timbre filter coeffi 
cients that were generated using the process of FIG. 2. In the 
present embodiment, the process of FIG. 5 is performed as 
part of an initialisation process. The process of FIG. 5 may 
be performed as part of start-up of an application. 
0145 The process of FIG. 5 comprises applying a timbre 
compensation filter using coefficients obtained from the 
process of FIG. 2 to adjust initial pinna FIR coefficients such 
that artefacts caused by the initial pinna FIR coefficients may 
be reduced. 
0146 In the present embodiment, a single audio system 
10 is used for the process of FIG. 2, the process of FIG. 5 
and the process of FIG. 6. In other embodiments, the audio 
system 10 receives the timbre filter coefficients from a 
further system which may be, for example, a further audio 
system or a further computer. The further system performs 
the offline generation of the timbre filter coefficients from 
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the initial pinna FIR coefficients using the process of FIG. 2. 
The further system then provides the timbre filter coeffi 
cients to the audio system 10. The timbre filter coefficients 
may be stored in memory 20. 
0147 The audio system 10 may comprise, for example, a 
computer or a mobile device Such as a mobile phone or 
tablet. The process of FIG.5 may be an initialization process 
that occurs, for example, on powering up the audio system 
10 or on loading an application, for example on loading a 
game. In the initialisation process, the audio system 10 
calculates adjusted pinna FIR coefficients for each of a 
plurality of angular positions and stores the adjusted pinna 
FIR coefficients in a look-up table for use in a subsequent 
real-time binaural synthesis process (for example, the bin 
aural synthesis process of FIG. 6). 
0.148. In the present embodiment, the sampling rate of the 
audio system 10 is 44100 Hz. In other embodiments, a 
different sampling rate may be used. For example, in some 
embodiments in which audio system 10 is a mobile device, 
a sampling rate lower than 44100 Hz, may be used. 
0149. At stage 60 of FIG. 5, initial pinna FIR coefficients 
are generated as described above with reference to stage 30 
of FIG. 2. In other embodiments, stored pinna FIR coeffi 
cients may be retrieved from memory 20 or from an alter 
native memory. Initial pinna FIR coefficients are generated 
across the full range of azimuth and elevation angles, at 5° 
intervals. Stages 62 to 76 of FIG. 5 are performed on the 
initial pinna FIR coefficients for each set of azimuth and 
elevation angles. 
0150. At stage 62 of FIG. 5, the initial pinna FIR coef 
ficients are resampled based on the sample rate of the audio 
system 10. The initial pinna FIR coefficients were generated 
at a sample rate of 44100 Hz. In the present embodiment, the 
required sample rate is also 44100 Hz. 
0151. In other embodiments, initial pinna FIR coeffi 
cients are required for a sampling rate other than 44100 Hz. 
At stage 62, the processor 18 resamples the initial pinna FIR 
coefficients by multiplying and rounding the initial pinna 
FIR coefficients by a ratio, where the ratio is system sample 
rate divided by 44100. 
0152. At stage 64, the processor 18 applies an antialias 
ing low pass filter to the initial pinna FIR coefficients of 
stage 62. The antialiasing low pass filter removes high 
frequencies, thereby removing some artefacts. If resampling 
has been used, the initial pinna FIR coefficients to which the 
antialiasing low pass filter of stage 64 is applied are the 
resampled initial pinna FIR coefficients that were output 
from stage 62. In the present embodiment, the antialiasing 
low pass filter comprises a 41 tap low-pass Kaiser-Bessel 
FIR filter at 0.45 of the sample rate with 96 dB attenuation. 
0153. The Kaiser-Bessel filter may be obtained using a 
method taken from J. F. Kaiser, “Nonrecursive digital filter 
design using Io-sin h window fitnction'. Proc. IEEE ISCAS, 
San Francisco 1974, which is incorporated by reference 
herein in its entirety. 
0154 Kaiser-Bessel window coefficients may be gener 
ated using Equation 2 below: 

(Equation 2) 

for 0 < i < M 

Meta Platforms, Inc. 
Exhibit 1033 

Page 016



Meta Platforms, Inc. 
Exhibit 1033 

Page 017



US 2017/O 105083 A1 

binaural synthesis process may be to synthesise binaural 
Sound Such that, when a user listens to the binaural Sound 
through headphones 16a, 16b, each Sound source appears to 
the user to originate from its assigned position. 
0171 The position of a sound source may be a virtual or 
simulated position. For example, in a computer game, the 
coordinate system used to position sound sources may be 
centred on a camera position from which a scene is viewed. 
A simulated object in the game may have an associated 
position in a coordinate system of the game which may be 
used in, for example rendering an image of the simulated 
object, or for determining collisions between the simulated 
object and other simulated objects. A audio input may be 
associated with a sound Source that is given the same 
position as the position of the simulated object in the 
coordinate system of the game. After binaural synthesis, the 
audio input may appear to the user to emanate from the 
simulated object. 
0172. In some embodiments, the positions of sound 
Sources move with time. For example, where sound sources 
are associated with simulated objects in a game, the position 
of each sound Source relative to the notional listener may 
change with time as objects in the game are moved relative 
to the coordinate system of the game. 
0173. In the present embodiment, the monaural audio 
input is a Sound recording of a plurality of Sound sources, for 
example a plurality of instruments or Voices. In other 
embodiments, the monaural audio input may comprise at 
least one computer-generated Sound source and/or at least 
one recorded sound source. In some embodiments, Sound 
sources may be generated by the processor 18 or by a further 
processor. In the present embodiment, the monaural audio 
input has a sampling rate of 44100 Hz. In other embodi 
ments, the monaural audio input may have a different 
sampling rate. 
0.174. In the present embodiment, stages 102 to 114 of the 
flow chart of FIG. 6 occur in real time. Binaural audio output 
is generated at the same rate that it is output (in this 
embodiment, a sampling rate of 44100 kHz). In other 
embodiments, stages 52 to 64 may occur offline. Binaural 
audio output may be generated at a speed that is not real 
time, and may be played back in real time. 
0.175. At stage 102, the processor 18 applies to the 
monaural audio input an adjusted pinna FIR filter, which is 
a filter using adjusted pinna FIR coefficients that were stored 
in a lookup table at stage 80 of FIG. 6. In the present 
embodiment, the coefficients of the adjusted pinna FIR filter 
are dependent on 0 and (p. The coefficients for the left ear for 
an azimuth angle 0 are the same as those for the right ear for 
an azimuth angle -0. For each Sound source in the monaural 
audio input, the processor 18 obtains adjusted pinna FIR 
coefficients corresponding to the angular position of the 
Sound source and applies to the audio input for that Sound 
source the adjusted pinna FIR coefficients for that angular 
position. Therefore, different adjusted pinna FIR filters are 
used for Sound sources having different angular positions. 
The adjusted pinna FIR filters are also different for the left 
ear than for the right ear. The adjusted pinna FIR filter 
outputs a binaural output comprising a left output and a right 
output. 
0176). In the present embodiment, the adjusted pinna 
coefficients that are used for a given angular position are the 
adjusted pinna coefficients for the nearest angular position in 
the lookup table. No interpolation is performed. In other 
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embodiments, the values for the adjusted pinna coefficients 
for a given angular position may be interpolated from the 
adjusted coefficients in the lookup table. 
0177. In the present embodiment, the coefficients of the 
adjusted pinna FIR filter are determined before the process 
of FIG. 7 (in this embodiment, using the process of FIG. 6) 
and not as part of a real time process. In other embodiments, 
the adjusted pinna FIR coefficients may be determined in 
real time. 

0.178 At stage 104, the processor 18 applies a left ITD 
IIR (interaural time difference infinite impulse response) 
filter to the left output of the pinna FIR filter. In the present 
embodiment, as in the paper by Brown and Duda, the 
interaural time difference T(0, (p) represents a difference 
between the time that sound is received at an ear, and the 
time that sound would be received at the origin of the 
coordinate system. In other embodiment, any definition of 
ITD may be used. 
0179. In the present embodiment, interaural time differ 
ences are calculated based on an average head size. A 
distance between ears and head size are used that represent 
average values for a population. The distance between ears 
and head size that are used for the calculation of ITD remain 
the same for all users. In other embodiments, different 
distance between ears, head size and/or other parameters (for 
example, values for pinna time delays) may be used for 
different users. For example, a user may select parameters 
such as head size either by inputting values or by selecting 
from a range of options (such as Small, medium, large). The 
processor 18 may select parameters to use for the ITD 
calculation depending on user input or a user profile. 
0180. An interaural time difference T(0, (p) is calculated 
for each Sound source in dependence on the azimuth and 
elevation of the Sound source. 

a : cos(8): cos(d5), Ose C (Equation 4) 
C 

- : 
C (10- ) cos(), ses it 

where a is an average head size (which is taken to be the 
head size of the notional listener), c is the speed of Sound, 
0 is azimuth angle in radians and p is elevation angle in 
radians. In the present embodiment, interaural time differ 
ence is independent of frequency. In other embodiments, the 
interaural time difference may be dependent on frequency. 
Any suitable equation for interaural time difference may be 
used in stage 104. 
0181 At stage 104, for each sound source, the time delay 
of T(0, (p) is applied to the output of the pinna FIR filter. 
0182. At stage 106, the processor 18 applies a left head 
shadow IIR filter to the output of stage 104. For each sound 
Source, the head shadow filter is a function of frequency and 
of azimuth angle. In the present embodiment, the head 
shadow filter is independent of elevation angle. In other 
embodiments, any suitable head shadow filter may be used. 
The left head shadow filter is calculated in dependence on 
the same average head size, a, as is used for the calculation 
of the interaural time delay. The head shadow filter is 
calculated using Equation 5. 
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(Equation 5) 
H(co, 8) = (1 -- 1)/(l -- it.) Osa(6) s 2 

C.(0) is a coefficient which depends on azimuth angle, and 
which is calculated using Equation 6. 

-- (Equation 6) o(0) = 1.05 + 0.95 cos(0) 

0 is azimuth angle in degrees, () is radian frequency and 
(Doc/a. 
0183 The equations used in the present embodiment for 
calculating the ITD filter and head shadow filter may in 
Some circumstances provide increased spatial accuracy. 
0184. At stage 108, the processor 18 outputs a left 
binaural output to the left headphone. The left binaural 
output is a combination of outputs for the plurality of Sound 
sources. For each sound source, a pinna FIR filter, ITD filter 
and head shadow filter have been applied in dependence on 
the azimuth and elevation angles of the source. 
0185. Stages 110 to 114 are similar to stages 104 to 108, 
but are applied to the right output of the pinna FIR filter 
rather than to the left output of the pinna FIR filter. At stage 
110, the processor 18 applies a right ITD IIR filter to the 
right output of the pinna FIR filter. At stage 112, the 
processor 18 applies a right head shadow IIR filter to the 
output of the right ITD IIR filter. For each filter, the 
coefficients for the left ear for an azimuth angle 0 are the 
same as those for the right ear for an azimuth angle -0. 
0186. At stage 114, the processor 18 outputs a right 
binaural output to the right headphone. The right binaural 
output is a combination of outputs for the plurality of Sound 
sources. For each sound source, a pinna FIR filter, ITD filter 
and head shadow filter have been applied in dependence on 
the azimuth and elevation angles of the source. 
0187 Binaural synthesis coefficients may be updated 
with time, for example to take account of relative motion 
between the listener and the source. The method of FIG. 6 
may be performed repeatedly in real time. 
0188 The right and left binaural outputs of FIG. 6 were 
calculated using adjusted pinna FIR coefficients which were 
determined using a timbre compensation filter. The timbre 
compensation filter is used to correct timbre and Sound 
quality artefacts created by the structural model. It may also 
be used to correct the low frequency response of the system. 
0189 In the present embodiment, the correction of the 
high frequencies by the timbre compensation frequency may 
make it sound like the low frequencies have also been 
corrected, due to the psychoacoustic effect. In other embodi 
ment, more drastic low frequency correction may be applied. 
The low frequency correction may be such that no binaural 
processing is applied on low frequencies. A lack of binaural 
processing at low frequencies may be used by Sound design 
ers in Some specific circumstances. 
0190. The improved timbral quality resulting from the 
timbre compensation filter may also improve the spatialisa 
tion quality of the system, as the binaural output may be a 
more faithful representation of the monaural input. 
0191 Existing binaural systems are known to use filters 
for changing the response of the system to match specific 
headphone models (for example). However, filters in such 
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known systems may be high order FIRS that require con 
volution in the frequency domain. For example, headphone 
compensation filters applied to an audio output may use 
1024 taps. The use of such high order filters may increase 
CPU usage and latency of the system. In some existing 
methods, a filter for changing the response of the system is 
applied to a binaural output. For example, a low pass filter 
may be used on the binaural audio output. A lowpass filter 
may smooth the frequency response, but may lose high 
frequencies. By contrast, in the method of the present 
embodiment, a timbre compensation filter is applied to 
coefficients of the structural model to remove artefacts. In 
the method of the present embodiment, high frequencies 
may not be lost. 
0.192 In the present embodiment, the timbre compensa 
tion filter is independent of physical properties of at least 
part of the audio system. For example, the timbre compen 
sation filter may be independent of properties of headphones 
16a, 16b. The timbre compensation filter may be used to 
compensate for artefacts in the binaural synthesis method, 
and not to compensate for other effects such as, for example, 
headphone characteristics. The timbre compensation filter 
may be independent of properties of the scene and/or of 
virtual objects or sound source in the scene. The timbre 
compensation filter may be independent of physical charac 
teristics of a user. 
0193 In the present embodiment, the timbre compensa 
tion filter is of comparatively low order (27 to 31 taps). The 
low order of the timbre compensation filter may ensure that 
the number of taps for the pinna FIR filter is maintained at 
the original 32 taps after the timbre compensation filter is 
applied to coefficients of the pinna FIR coefficients. There 
fore it may be the case that no additional computational 
resources are required in order to implement the method of 
the present embodiment, compared to a method that does not 
use a timbre compensation filter to compensate for artefacts. 
0194 In some circumstances, the CPU requirement for 
the present method may be substantially the same as for a 
structural model method that did not use a timbre compen 
sation filter as described. CPU requirements may be very 
important for audio processing, because in Some systems 
audio must be processed in an all-purpose CPU, as com 
pared to graphics processing which may be performed on a 
dedicated GPU (graphics processing unit). 
0.195 The timbre compensation method described above 
may be used for any appropriate audio system. For example, 
the method may be used in an audio system proving high 
quality reproduction of audio input. The method may be 
used in virtual reality or augmented reality systems. The 
method may be used in a computer game. In some circum 
stances, the method may be used on a device Such as a 
mobile phone. Such a device may have limited computa 
tional resources. Use of the timbre compensation method 
may allow binaural output with acceptable audio quality to 
be obtained within the limits of the device's computational 
resources. Binaural synthesis may be provided on devices 
that do not have sufficient computational resources to Sup 
port more computationally-intensive methods of binaural 
synthesis, for example HRIR methods. 
0196. In some applications, good audio quality may be 
more important to a user than precise positioning of Sounds. 
It may be important to the user that timbre is corrected, even 
if that is at the expense of positioning. It may be preferable 
to hear Sound from an audio Source that Sounds correct but 
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has only approximate positioning in space, than to hear a 
precisely-positioned sound that is of degraded quality. 
0197) Maintaining the pinna FIR filter at 32 taps may 
maintain the efficiency of the structural model while increas 
ing its quality. The quality of the structural model may be 
increased by the reduction of artefacts. The small number of 
coefficients of the pinna FIR filter may lead to the structural 
model requiring less computational power than methods that 
use a greater number of filter coefficients (for example, 
HRIR methods). 
0198 In the present embodiment, a timbre compensation 

filter is applied to coefficients of a pinna FIR filter to 
compensate for artefacts that would otherwise becaused by 
the pinna FIR filter. In other embodiments, the coefficients 
to which the timbre compensation filter is applied may be 
any coefficients of a structural model. The coefficients from 
which the timbre compensation filter is generated may be 
any coefficients of a structural model. In further embodi 
ments, the coefficients to which the timbre compensation 
filter are applied may be coefficients of any binaural syn 
thesis model. The coefficients from which the timbre com 
pensation filter is generated may be any coefficients of a 
binaural synthesis model. 
0199. One binaural synthesis method is HRIR convolu 
tion binaural synthesis. An HRIR database model may be 
obtained by using two microphones at ear canal positions of 
a head model to capture a broadband impulse at different 
positions. A number of HRIR database models are available. 
In one embodiment of an HRIR convolution binaural syn 
thesis method, a timbre compensation filter is applied to 
HRIR coefficients from an HRIR database. The HRIR 
coefficients may be, for example, between 128 and 512 taps. 
A convolution filter is used to perform a convolution of a 
monaural audio input with the HRIR coefficients that have 
been adjusted by the timbre compensation filter. 
0200 Another binaural synthesis method may comprise 
performing binaural synthesis using virtual speakers. The 
virtual speakers may use either VBAP (Vector Base Ampli 
tude Panning) or Ambisonics. In one embodiment, timbre 
compensation filter may be applied to coefficients of a 
virtual speaker method. 
0201 Virtual speakers (for binaural audio over head 
phones) are binaural Sound sources that are represented as 
speakers, but that are still played back over headphones. For 
example, instead of using 100 discrete Sound sources to play 
back 100 sounds, the whole field may be represented with 10 
binaural Sources spread out around the listener, just as 10 
speakers may surround a listener in real life. 
0202 FIG. 7 is a flow chart illustrating in overview a 
method in which a model controller may choose between 
and/or interpolate between the outputs of different methods 
of binaural synthesis, including the structural model method 
of binaural synthesis described above with reference to FIG. 
6. The method of FIG. 7 may be described as a dynamic 
resource based binaural synthesis model. 
0203. In the method of FIG. 7, three types of binaural 
synthesis are provided: HRIR convolution binaural synthe 
sis 210, a structural model with timbre compensation filter 
220 (which may be a method as described above with 
reference to FIG. 6) and a virtual speaker system 230. The 
virtual speaker system 230 may use either VBAP or 
Ambisonics. 
0204 At stage 200 of FIG. 7, the processor 18 performs 
a resource computation to determine how much computa 
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tional resource is available for binaural synthesis. Inputs to 
the resource computation may include real time parameters. 
Inputs to the resource computation may include, for 
example, CPU frequency, a developer-specified resource 
limit and/or quality requirements. 
0205 Results of the resource computation are passed to 
the model controller. In the present embodiment, the model 
controller is implemented in the processor 18. In other 
embodiments, the model controller may be a separate com 
ponent, for example a separate processor. 
0206. At stage 202 a real time monaural audio input 
comprising audio input from a plurality of audio Sources, 
and information about the each audio source, is passed to the 
model controller. 

0207. The information about each audio source may 
comprise real-time parameters. The information about each 
audio source may include, for example, a priority level 
associated with the audio source, a distance associated with 
the audio Source, and/or quality requirements associated 
with the audio source. More important sources may be 
assigned a higher priority than less important sources. 
0208 For each sound source that is input to the method, 
a model controller decides which of the types of binaural 
synthesis to use. 
0209. At stage 204, for each audio source, the model 
controller determines which of the binaural synthesis meth 
ods will be used for performing binaural synthesis of the 
audio source. The model controller may decide to interpolate 
between the outputs of different types of binaural synthesis. 
The model controller 204 may decide between binaural 
synthesis methods depending on the results of the resource 
computation 200 and/or depending on the information asso 
ciated with the audio source in input 202. In the present 
embodiment, the model controller 204 decides between 
synthesis methods using an automatic process. In some 
embodiments, the process for deciding between synthesis 
methods is user-definable. 

0210. In the embodiment of FIG. 7, the model controller 
204 chooses between HRIR convolution binaural synthesis 
210, structural model 220 and virtual speaker system 230. 
For each audio source, the model controller 204 determines 
which one or more of the binaural synthesis methods 210, 
220, 230 should be used to perform binaural synthesis of 
audio input for that audio source. 
0211 HRIR convolution binaural synthesis 210 may in 
Some circumstances be of high quality but computationally 
intensive. The structural model 220 may in some circum 
stances be of lower quality than the HRIR convolution 
binaural synthesis 210, but considerably less computation 
ally intensive. The model controller 204 may choose to 
synthesise high priority audio sources using HRIR convo 
lution binaural synthesis 210 and lower priority audio 
Sources using the structural model 220. In some circum 
stances, high priority audio Sources may always be synthe 
sised using the highest-quality synthesis method available. 
In other embodiments, high-priority audio Sources may be 
synthesised using the highest-quality synthesis method 
when they are close to the listener, but may be synthesised 
with a lower-quality synthesis method when they are further 
from the listener. In some embodiments, low-priority audio 
Sources may always be synthesised using a lower-quality 
and/or less computationally intensive synthesis method. The 
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model controller 204 may perform a trade-off between 
different criteria, for example a trade-off between memory 
requirements and quality. 
0212. In some cases, the model determines that binaural 
synthesis will be performed on an audio source using HRIR 
convolution binaural synthesis. The audio input is passed to 
a convolution filter 216. For each audio source, the HRIR 
dataset 212 provides HRIR filter coefficients for the audio 
source position to a timbre compensation filter 214. If no 
HRIR filter coefficients are available for the position of the 
audio source, HRIR filter coefficients may be interpolated 
from nearby positions for which HRIR filter coefficients are 
available. The HRIR filter coefficients are adjusted by the 
timbre compensation filter 214. The timbre compensation 
filter 214 may be different from a timbre compensation filter 
used by the structural binaural model. The timbre compen 
sation filter 214 may be generated using a method similar to 
the method of FIG. 2. 
0213. The adjusted HRIR filter coefficients are provided 
to the convolution filter 216. In the convolution filter 216, 
the audio input is convolved with the adjusted HRIR filter 
coefficients. The output of the convolution filter 216 is 
passed to the interpolator 240. In the present embodiment, 
the HRIR dataset 212 is stored in memory 20 and the timbre 
compensation filter 214 and convolution filter 216 are each 
implemented in processor 18. 
0214. In some cases, the model controller 204 passes the 
audio input data to the structural model with timbre com 
pensation filter 220 which comprises a structural model 
process 222. For each audio source, the structural binaural 
model process 222 implements the structural model of FIG. 
6 using the timbre compensation filter of FIG. 2. The output 
of the structural binaural model process 222 is passed to the 
interpolator 240. 
0215. In some cases, the model controller 204 passes the 
audio source data to a virtual speaker system 230. In the 
present embodiment, the virtual speaker system 230 is 
implemented in processor 18. In other embodiments, the 
virtual speaker system 230 may be implemented in a sepa 
rate processor or other component. 
0216 A switch 232 determines how the virtual speaker 
system 230 will process the audio input. In a first setting 
234, the virtual speaker system 230 uses virtual speakers 
based on the HRIR database with a timbre compensation 
filter. The timbre compensation filter may be different to the 
timbre compensation filter 214 used by the HRIR method 
and the timbre compensation filter used by the structural 
binaural model. The timbre compensation filter may be 
obtained using a method similar to the method of FIG. 2. 
0217. In a second setting 236, the virtual speaker system 
230 uses virtual speakers based on a structural model with 
a timbre compensation filter. The timbre compensation filter 
may be different from the timbre compensation filter of the 
first setting. In a third setting 238, the virtual speaker system 
230 uses virtual speakers based on a mix of a structural 
model and the HRIR database with at least one timbre 
compensation filter. The output of the virtual speaker system 
230 is passed to the interpolator 240. 
0218. In the present embodiment, the interpolator 240 is 
part of processor 18. In other embodiments, the interpolator 
240 may be a separate component, for example a further 
processor. 
0219. The interpolator 240 combines outputs from the 
HRIR model 210, structural model 220 and/or virtual 
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speaker system 230 as appropriate. The interpolator 240 
outputs a left output 250 and right output 252 to headphones 
16a, 16b. 
0220. In some circumstances, the model controller 204 
determines that a single one of the binaural synthesis meth 
ods 210, 220, 230 should be used to perform binaural 
synthesis for a given audio Source. The selected one of the 
binaural synthesis methods 210, 220, 230 is used to perform 
binaural synthesis for that source, and the interpolator 240 
outputs a binaural output for that source that has been 
generated using the selected one of the binaural synthesis 
methods 210, 220, 230. 
0221) The binaural synthesis method 210, 220, 230 
selected for one source may be different from the binaural 
synthesis method 210, 220, 230 selected for another, differ 
ent source. For example, a binaural synthesis method with a 
higher-quality output and having a higher computational 
load may be used for a source that appears closer to the user, 
and a different binaural synthesis method having a lower 
quality output and a lower computational load may be used 
for a source that appears to be further from the user. A 
higher-quality binaural synthesis method may be used for 
higher-priority audio sources, and a lower-quality binaural 
synthesis method for lower-priority audio Sources. A higher 
quality binaural synthesis method may be used for louder 
audio sources, and a lower-quality binaural synthesis 
method for quieter audio Sources. 
0222. In some circumstances, the model controller 204 
determines that more than one of the binaural synthesis 
methods 210, 220, 230 should be used to perform binaural 
synthesis for a given source. The outputs of the more than 
one binaural synthesis methods for that Source are combined 
by the interpolator 240 to provide a combined audio output 
for that source. The combined output is output as left output 
250 and right output 252. 
0223) The outputs from different binaural synthesis meth 
ods may be combined by interpolation. In this context, 
interpolation may refer to mixing outputs of different meth 
ods to combine a given proportion of one output with a given 
proportion of another output. The output of a first binaural 
synthesis method may be faded down over time in the 
combination, while the output of a second binaural synthesis 
method may be faded up over time in the combination. 
Weights may be assigned to the output from each binaural 
synthesis method, and the outputs from the binaural synthe 
sis methods may be combined in accordance with their 
assigned weights. 
0224 For example, a Sound source may be changing in 
position over time such that it moves further away from the 
position of the listener. At a first time, when the sound source 
has a position close to the listener, audio input from that 
Sound source may be synthesised using a HRIR convolution 
synthesis method 210. As the sound Source moves away, the 
audio input may be synthesised using both HRIR synthesis 
210 and structural model synthesis 220. The contribution of 
the HRIR synthesis 210 may be decreased as the sound 
source moves away from the listener. The contribution of the 
structural model synthesis 220 may be increased as the 
Sound source moves away from the listener. Once the Sound 
Source reaches a given distance, the audio input from that 
Sound source may be synthesised using only the structural 
model 220. 
0225. By synthesising audio output from a source using 
more than one synthesis method and combining (for 
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example, interpolating) the outputs from the different Syn 
thesis methods, a smooth transition may be provided 
between the outputs of the different synthesis methods, so 
that a user may not notice that the synthesis method for a 
given Sound Source has changed. From the user's perspec 
tive, there may appear be a seamless switch between differ 
ent binaural synthesis methods. 
0226 By applying a timbre compensation filter in each of 
the synthesis methods, the timbre of the sound may be 
consistent regardless of which synthesis method or methods 
are used. The timbre compensation filter used in one method 
may be different from the timbre compensation filter used in 
another method. For example, a different timbre compensa 
tion filter may be used in the HRIR synthesis method than 
in the structural model synthesis method. The timbre com 
pensation filters may be designed to match the timbre 
between output synthesised using one method and output 
synthesised using another method. 
0227. For each synthesis method, a respective timbre 
compensation filter may be obtained using an offline analy 
sis method, for example an offline analysis method similar 
to that described above with reference to FIG. 2 in the case 
of the structural model. 
0228. In methods described above, the same output is 
produced for every user. For example, when calculating 
structural model coefficients, an average head size and ear 
spacing are used. In other embodiments, the structural model 
may be individualised to different users. For example, a head 
size and/or ear spacing of the individual user may be used. 
In some embodiments, a user may select parameters of the 
structural model. 
0229 While certain processes have been described as 
being performed offline, in other embodiments those pro 
cesses may be performed in real time. While certain pro 
cessed have been described as being performed in real time, 
in other embodiments those processes may be performed 
offline. 
0230. Whilst components of the embodiments described 
herein (for example, filters) have been implemented in 
Software, it will be understood that any Such components can 
be implemented in hardware, for example in the form of 
ASICs or FPGAs, or in a combination of hardware and 
software. Similarly, some or all of the hardware components 
of embodiments described herein may be implemented in 
software or in a suitable combination of software and 
hardware. 
0231. It will be understood that the present invention has 
been described above purely by way of example, and 
modifications of detail can be made within the scope of the 
invention. Each feature disclosed in the description, and 
(where appropriate) the claims and drawings may be pro 
vided independently or in any appropriate combination. 

1. A method comprising: 
obtaining filter coefficients for a binaural synthesis filter; 

and 
applying a timbre compensation filter to reduce artefacts 

resulting from the binaural synthesis filter; 
wherein the filter coefficients and timbre compensation 

filter are configured to be applied to monaural audio 
input to obtain binaural audio output. 

2. The method according to claim 1, wherein the artefacts 
comprise a reduction in quality of a binaural audio output. 

3. The method according to claim 1, wherein the artefacts 
comprise at least one of a change in amplitude of a binaural 

Apr. 13, 2017 

audio output, a change in delay of a binaural audio output, 
a change in frequency of a binaural audio output. 

4. The method according to claim 1, wherein the binaural 
audio output occupies a frequency range, and wherein the 
artefacts are present in a Sub-region of the frequency range. 

5. The method according to claim 4, wherein the sub 
region comprises audible frequencies of human Voice. 

6. The method according to claim 1, wherein applying the 
timbre compensation filter comprises applying the timbre 
compensation filter to the filter coefficients to obtain 
adjusted coefficients for the binaural synthesis filter. 

7. The method according to claim 1, further comprising: 
receiving a monaural audio input corresponding to at least 

one audio source, each audio source having an associ 
ated position; and 

synthesising binaural audio output from the monaural 
audio input using the binaural synthesis filter, wherein 
the synthesising depends on a position or positions of 
each audio source. 

8. The method according to claim 7, wherein applying the 
timbre compensation filter comprises applying the timbre 
compensation filter to the filter coefficients to obtain 
adjusted coefficients for the binaural synthesis filter, and 
wherein the synthesising of the binaural audio output uses 
the adjusted filter coefficients. 

9. The method according to claim 8, wherein the filter 
coefficients are adjusted by the timbre compensation filter 
Such that binaural audio output synthesised using the 
adjusted coefficients has a different timbre from binaural 
audio output synthesised using the filter coefficients to 
reduce an effect of the artefacts. 

10. The method according to claim 9, wherein the syn 
thesising is performed in real time, the position of each 
audio source changes with time, and the synthesising of the 
binaural audio output is updated with the changing position 
of each audio source. 

11. The method according to claim 1, further comprising 
generating the timbre compensation filter from the filter 
coefficients. 

12. The method according to claim 11, wherein generating 
the timbre compensation filter from the filter coefficients 
comprises: 

applying a filter defined by the filter coefficients to a test 
audio input to obtain an impulse response; 

obtaining a transfer function by applying a Fourier trans 
fer to the impulse response; and 

generating the timbre compensation filter from the trans 
fer function. 

13. The method according to claim 12, wherein generat 
ing the timbre compensation filter from the transfer function 
comprises inverting the transfer function. 

14. The method according to claim 13, wherein generat 
ing the timbre compensation filter further comprises reduc 
ing the effect of the timbre compensation filter at low 
frequencies, and wherein the low frequencies comprise 
frequencies below 400 Hz. 

15. The method according to claim 11, wherein generating 
the timbre compensation filter comprises generating the 
timbre compensation filter for each of a plurality of sam 
pling rates. 

16. The method according to claim 11, wherein generating 
the timbre compensation filter comprises truncating the 
timbre compensation filter, and wherein generating the 
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timbre compensation filter comprises truncating the timbre 
compensation filter to an order no higher than an order of the 
binaural synthesis filter. 

17. The method according to claim 11, wherein test audio 
input comprises an audio input having a known frequency 
profile, and the generating of the timbre compensation filter 
depends on a difference between a frequency profile of the 
binaural audio output and the known frequency profile of the 
test audio input. 

18. The method according to claim 1, wherein the binaural 
synthesis filter comprises a pinna model filter. 

19. The method according to claim 18, wherein synthe 
sising the binaural audio output comprises: 

applying the pinna model filter, 
applying an interaural time delay; and 
applying a head shadow filter. 
20. The method according to claim 19, comprising deter 

mining values for the interaural time delay using the equa 
tion: 

C t 

- : cos(8): cos(d5), Ose C 2 
T(0, d) = 

ses it C 8 t t 

( |- ) cos(), 2 

wherein T(0, (p) is the interaural time delay, a is an average 
head size, c is the speed of Sound, 0 is azimuth angle in 
radians and p is elevation angle in radians. 

21. The method according to claim 1, comprising deter 
mining values for the head shadow filter using the equation: 

wherein H(c), 0) is a head shadow filter value, 0 is azimuth 
angle in degrees, () is radian frequency, a is an average head 
size, c is the speed of Sound, (Doc/a, and 

0) = 1.05 + 0.95 a cos?es a(0) = 1.05 + 0. 3 cost * 180) 

22. The method according to claim 1, wherein obtaining 
filter coefficients comprises obtaining filter coefficients for 
each of a plurality of angular positions, each angular posi 
tion comprising an azimuth angle and an elevation angle, 
and wherein applying the timbre compensation filter com 
prises, for each angular position, applying the timbre com 
pensation filter to the filter coefficients for each angular 
position to obtain adjusted filter coefficients for each angular 
position. 

23. A method comprising: 
obtaining filter coefficients for a binaural synthesis filter; 

and 
generating a timbre compensation filter from the filter 

coefficients, wherein the timbre compensation filter is 
configured to reduce artefacts resulting from the bin 
aural synthesis filter, and wherein the filter coefficients 
and timbre compensation filter are configured to be 
applied to a monaural audio input to obtain binaural 
audio output. 

24. A method comprising: 
receiving a monaural audio signal corresponding to at 

least one audio source, each audio source having an 
associated position; and 
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synthesising binaural audio output from the monaural 
audio signal using a binaural synthesis filter, wherein 
the synthesising depends on the position or positions of 
each audio source; 

wherein the binaural synthesis filter uses filter coefficients 
that have been adjusted using a timbre compensation 
filter to reduce artefacts resulting from the binaural 
synthesis filter. 

25. An apparatus comprising: 
means of obtaining filter coefficients for a binaural Syn 

thesis filter; and 
means of applying a timbre compensation filter to reduce 

artefacts resulting from the binaural synthesis filter; 
wherein the filter coefficients and timbre compensation 

filter are configured to be applied to a monaural audio 
input to obtain binaural audio output. 

26. A method comprising: 
obtaining a monaural audio input representative of audio 

input from a plurality of audio Sources; 
for each audio source, selecting at least one binaural 

synthesis model from a plurality of binaural synthesis 
models and applying the at least one binaural synthesis 
model to audio input from that audio Source to obtain 
at least one binaural audio output; and 

obtaining a combined binaural audio output by combining 
binaural audio outputs from each of the plurality of 
binaural synthesis models. 

27. The method according to claim 26, wherein the 
plurality of binaural synthesis models comprises at least one 
of an HRIR binaural synthesis model, a structural model, 
and a virtual speakers model. 

28. The method according to claim 26, wherein a first, 
higher-quality binaural synthesis model is selected for a first, 
higher-priority audio Source; and a second, lower-quality 
binaural synthesis model is selected for a second, lower 
priority audio source. 

29. The method according to claim 26, wherein the 
selecting of the binaural synthesis models is dependent on a 
distance of each audio Source from a position with respect to 
which the binaural synthesis is performed. 

30. The method according to claim 26, wherein, for an 
audio Source of the plurality of audio Sources: 

selecting at least one binaural synthesis model for the 
audio Source comprises selecting a first binaural Syn 
thesis model and a second binaural synthesis model 
different from the first binaural synthesis model, and 

the combined audio output comprises a first proportion of 
an audio output for the audio source from the first 
binaural synthesis model and a second proportion of an 
audio output for the audio source from the second 
binaural synthesis model. 

31. The method according to claim 30, wherein the 
position of the audio source changes over time, and the first 
proportion and second proportion change with time in 
accordance with the changing position of the audio source. 

32. The method according to claim 26, wherein each of 
the plurality of binaural synthesis models comprises a 
respective timbre compensation filter, the timbre compen 
sation filters being configured to match timbre between the 
binaural synthesis models. 

33. The method according to claim 26, wherein the 
binaural synthesis models are selected depending on at least 
one of a CPU frequency, a computational resource limit, a 
computational resource parameter, or a quality requirement. 
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34. The method according to claim 26, wherein the 
binaural synthesis models are selected in dependence on a 
priority of each audio source, a distance associated with each 
audio Source, a quality requirement of each audio Source, or 
an amplitude of each audio source. 

35. A non-transitory computer readable storage medium 
storing instructions, the instructions when executed by a 
processor cause the processor to: 

obtain filter coefficients for a binaural synthesis filter; and 
apply a timbre compensation filter to reduce artefacts 

resulting from the binaural synthesis filter; 
wherein the filter coefficients and timbre compensation 

filter are configured to be applied to monaural audio 
input to obtain binaural audio output. 

k k k k k 
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